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(54) System and method for measuring channel quality information 



(57) In a system and method to measure channel 
quality in terms of signal to noise ratio for the transmis- 
sion of coded signals over fading channels, a Viterbi de- 
coder metric for the Maximum Likelihood path is used 
as a channel quality measure. This Euclidean distance 
metric is filtered in order to smooth out short term vari- 
ations. The filtered or averaged metric is a reliable chan- 



nel quality measure which remains consistent across 
different coded modulation schemes and at different 
mobile speeds. The filtered metric is mapped to the sig- 
nal to noise ratio per symbol using a threshold based 
scheme. Use of this implicit signal to noise ratio estimate 
is used for the mobile assisted handoff and data rate 
adaptation in the transmitter. 
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Description 

BACKGROUND OF THE INVENTION 

5 1. FIELD OF THE INVENTION 

[0001] The present invention relates generally to the field of communication systems and, more particularly, to com- 
munications systems which measure the quality of channel information. 

10 2. DESCRIPTION OF THE RELATED ART 

[0002] As the use of wireless communications continues to grow worldwide at a rapid pace, the need for frequency 
spectrum efficient systems that accommodate both the expanding number of individual users and the new digital fea- 
tures and services such as facsimile, data transmission, and various call handling features has increased. 

15 [0003] Current wireless data systems such as the cellular digital packet data (CDPD) system and the IS-1 30 circuit 
switched time division multiple access data system support only low fixed data rates which are insufficient for several 
applications. Becasue cellular systems are engineered to provide coverage at the cell boundary, the signal to interfer- 
ence plus noise ratio (SNR) over a large portion of a cell is sufficient to support higher data rates. Adaptive data rate 
schemes using bandwidth efficient coded modulation are currently have been proposed for increasing data throughput 

20 over the fading channels encountered in cellular systems. Increased data throughput is accomplished by using band- 
width efficient coded modulation schemes with higher information rates. However, a practical problem to using these 
schemes is to dynamically adjust the coded modulation to adapt to the channel conditions. 

[0004] At present, there is a need to determine the channel quality based on the measurements or metrics of the 
SNR or the achievable frame error rate (FER) for the time varying channel. However, in cellular systems there is no 

25 fast accurate method to measure either the SNR or to estimate the FER. 

[0005] The difficulty in obtaining these metrics in a cellular system is due to the time varying signal strength levels 
found on the cellular channel. The time varying signal strength levels, sometimes referred to as fading, are the result 
of the movement of the mobile station or cellular phone relative to the base station (also known as a cell site). Recent . 
schemes propose a short term prediction of the FER, but not.the SNR, using the metric for the second best path by a 

so Viterbi decoder. This metric is computationally very intensive and reacts to short term variations in fading conditions. 
Therefore, there is a need, in the field of wireless communication systems, for a method accurately measuring the 
channel quality in terms of the SNR. 

[0006] It is also important to measure channel quality, in terms of SNR or FER, for the purpose of mobile assisted 
handoff (MAHO). However, FER measurements are usually very slow for the purpose of handoff or rate adaptation. 

35 FER as a channel quality metric is slow because it can take a very long time for the mobile to count a sufficient number 
of frame errors. Therefore, there is a need for a robust short term channel quality indicator that can be related to the FE R. 
[0007] As a result, channel quality metrics such as symbol error rate, average bit error rate and received signal 
strength measurements have been proposed as alternatives. The IS-1 36 standard already specifies measurement 
procedures for both bit error rate and received signal strength. However, these measures do not correlate well with 

•to the FER, or the SNR, which is widely accepted as the meaningful performance measure in wireless systems. Also, 
received signal strength measurements are often inaccurate and unreliable. The present invention is directed to over- 
coming, or at least reducing the effects of one or more of the problems set forth above. 

SUMMARY OF THE INVENTION 

45 1 

[0008] in accordance with one aspect of the present invention there is provided a system and method for determining 
the signal to noise ratio which provides for establishing a set of path metrics corresponding to a set of predetermined 
signal to noise ratios. A digital signal is received and a path metric determined for the digital signal. Mapping of the 
path metric is provided to a corresponding signal to noise ratio in the set of predetermined signal to noise ratios. 
50 [0009] These and other features and advantages of the present invention will become apparent from the following 
detailed description, the accompanying drawings and the appended claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

55 [0010] The advantages of this invention will become apparent upon reading the following detailed description and 
upon reference to the drawings in which: 

FIG. 1 is a graphical representation of three cell sites within a cluster; 
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FIG. 2 is a block diagram of both the base station and the mobile station transmitters and receivers for the present 
invention; 

FIG. 3 is a block diagram of a decoder system for present invention; 

5 

FIG. 4 is a graph having a curve, with the vertical scale representing the average Viterbi decoder metVic and the 
horizontal scale representing the time slot pair (block) number; 

FIG. 5 is a graph having a curve, with the vertical scale representing the average Viterbi decoder metric and the 
io horizontal scale representing the SNR; 

FIG. 6 is a flow diagram illustrating the steps performed during the process of determining the SNR using the 
lookup table and adjusting the coded modulation scheme used by the system; 

is FIG. 7 is a flow diagram illustrating the steps performed during the process of determining the SNR using the linear 

prediction and adjusting the coded modulation scheme used by the system; 

FIG. 8 is a graph having a three curves, with the vertical scale representing the FER and the horizontal scale 
representing the SNR; 

20 

FIG. 9 is a table of values for a conservative mode adaptation strategy based on a viterbi algorithm metric average; 

Fl G. 1 0 is a table of values for an aggressive mode adaptation strategy based on a Viterbi algorithm metric average; 

25 FIG. 11 is a block diagram of both the base station and the mobile station transmitters and receivers for the im- 

plementation of an adaptive coding scheme; and 

FIG. 12 is a block diagram of both the base station and the mobile station transmitters and receivers for the im- 
plementation of a mobile handoff scheme. 



30 



DETAILED DESCRIPTION 



[0011] Referring to the drawings and initially to FIG. 1, a plurality of cells 2, 4, and 6 in a telecommunications system 
are shown. Consistent with convention, each cell 2, 4, and 6 is shown having a hexagonal cell boundary. Within each 
35 cell 2, 4. and 6 are base stations 8, 10, and 12 that are located near the center of the corresponding cell 2, 4, and 6. 
Specifically, the base station 8 is located within cell 2, base station 10 is located within cell 4, and base station 12 is 
located within cell 6. 

[0012] The boundaries 14, 16 and 18 separating the cells 2, 4, and 6 generally represent the points where mobile 
assisted handoff occurs. As an example, when a mobile station 20 moves away from base station 8 towards an adjacent 

•*o base station 10, the SNR from the base station 8 will drop below a certain threshold level past the boundary 14 while, 
at the same time, the SNR from the second base station 10 increases above this threshold as the mobile station 20 
crosses the boundary 14 into cell 4. Cellular systems are engineered to provide coverage from each base station up 
until the cell boundary." Thus, the SNR over a large portion of a cell 2 is sufficient to support higher data rates because 
the SNR from the base station 8 is greater than the minimum SNR needed to support the data transfer at the boundary 

15 14. FIG. 2 is an example implementation of an adaptive rate system which takes advantage of this support for higher 
data rates. 

[0013] FIG. 2 is a block diagram for the schematic of the base station 8 and the mobile station 20 for the invention. 
The base station 8 consists of both an adaptive rate base station transmitter 22 and an adaptive rate base station 
receiver 24. Likewise, the mobile station 20 also consists of both an adaptive rate mobile station receiver 26 and an 

50 adaptive rate mobile transmitter 28. Each pair of the transmitter and the receiver, corresponding to either the base 
station 8 or mobile station 20, are in radio connection via a corresponding channel. Thus, the adaptive rate base station 
transmitter 22 is connected through a downlink radio channel 30 to the adaptive rate mobile receiver 26 and the adaptive 
rate mobile station transmitter 28 is connected through an uplink radio channel 32 to the adaptive rate base station 
receiver 24. This implementation allows for increased throughput between the base station 8 and the mobile station 

55 20 over both the downlink channel 30 and the uplink channel 32 because of the use of adaptive bandwidth efficient 
coded modulation schemes. 

[0014] Thus, the information rate may be varied by transmitting at a fixed symbol rate (as in IS-130/IS-1 36), and 
changing the bandwidth efficiency (number of information bits per symbol) using a choice of coded modulation schemes. 
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However, coded modulation schemes with different bandwidth efficiencies have different error rate performance for 
the same SNR per symbol. At each SNR, the coded modulation scheme is chosen which results in the highest through- 
put with acceptable FE R and retransmission delay. Therefore, detection of channel quality in terms of SNR or achievable 
FER is very important for this invention. Both the SNR and FER as channel quality metrics can be derived from the 

5 cumulative Euclidean distance metric corresponding to a decoded received sequence. 

[0015] A block diagram of a encoder and decoder system for the invention is shown in FIG. 3. Within the transmitter 
34, the information sequence (a k ) 36 is encoded using a convolutional encoder 38 to provide a coded sequence fb k } 
40. The coded sequence {b k } 40 is then mapped through a symbol mapper 42 to a symbol {s k } 44 from either an M- 
ary constellation such as M-ary phase shift keying (PSK) or a M-ary quadrature amplitude modulation (QAM) scheme 

w using either a straightforward Gray mapping or a set partitioning technique. Pulseshaping is then carried out using 
transmit filters 46 that satisfy the Gibby Smith constraints (i.e. necessary and sufficient conditions for zero intersymbol 
- interference). The symbol {s k } 44 is then transmitted through the channel 48 to the receiver 50. At the receiver 50, the 
front end analog receive fillers 52 are assumed to be matched to the transmit filters 46 and the output {r k } 54 is sampled 
at the optimum sampling instants. 

75 [0016] The received symbol at the instant is given by 



20 where s k denotes the complex transmitted symbol {SfJ 44, represenls the complex fading channel 64 coefficient 
and ~n k denotes the complex additive white Gaussian noise (AWGN) with variance N Q . For this example, the fading 
channel 64 is assumed to be correlated, and may be represented by a number of models. In this example the Jakes' 
model for Rayleigh fading is used. The convolutional encoder 38 is chosen to optimize the systems needs. Here, a 
trellis code has been chosen, however, many other codes could also be used by this invention without modifying the 

2S essence of the invention. Maximum likelihood decoding at the receiver 50 may be carried out using a Viterbi algorithm 
circuit (also known as a maximum likelihood decoder) 56 to search for the best path through a trellis. An estimate of 
the complex fading channel 64 coefficients is assumed available to the decoder (i.e. the convolutional encoder 58) of 
the receiver 50. 

[0017] The Viterbi algorithm circuit 56 associates an incremental Euclidean distance metric with each trellis branch 
30 transition and tries to find the transmitted sequence (s k )44 that is closest in Euclidean distance to the received sequence . 
{r k } 54. The Viterbi algorithm circuit 56 processes each possible data sequence through both a convolutional en- 
coder 58 and symbol mapper 60 to produce a possible decoded sequence decoded sequence \1] 62. The Viterbi 
algorithm circuit 56 then uses the received sequence {r k } 54 and the estimated channel coefficient {a k } 64 in an incre- 
mental Euclidean distance metric computation circuit 66 which computes the incremental Euclidean distance. The 
35 incremental Euclidean distance metric is then processed through a cumulative feedback loop 68 which produces the 
cumulative path metric 72. Next, the cumulative path metric 72 and the cumulative metrics corresponding to all possible 
transmitted sequences {i} 70 are input into a minimum metric processor circuit 74 which outputs both the decoded 
data sequence {i} 76 and the minimum metric /7?,for the i th block. The cumulative path metric corresponding to the 
decoded sequence {i}62 is given by 



where a* 64 is the estimated fading channel coefficient at the k? h instant, and the trellis is assumed to terminate at a 
known stale after every N symbols. 

[001 8] Th us, in accordance with one aspect of the present invention , the Viterbi decoder is used to derive the channel 
50 quality information from the cumulative Euclidean distance metric corresponding to the decoded trellis path for each 
block. However, as noted earlier the Euclidean distance metric has large variations from one block to another in the 
presence of a fading channel. Thus smoothing, such as averaging, of these variation is required to obtain a good 
estimate of the metric. A small cumulative Euclidean distance metric would indicate that the received sequence is very 
close to the decoded sequence. For well designed trellis codes, this situation would only occur under good channel 
5 5 conditions with high SNR. Under poor channel conditions, the metric is much higher. Thus, a good estimate of the 
metric can be obtained at the ? h block of N symbols by using the following relationship: 
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Mj= olM^ + (7 - a)m >t 

for a greater than zero and less than 1.0 : where m, represents the decoded trellis path metric and a represents the 

s filter coefficient which determines the variance of the estimate. 

[001 9] FIG. 4, illustrates a graph having a four curves, with the vertical scale representing the average Viterbi decoder 
metric M ; and the horizontal scale representing the block number. The solid line curves 80 - 86 represent the time 
evolution of the filtered Viterbi decoder metric for a trellis coded 8 PSK scheme and a filter coefficient a equal to 0.9. 
An IS-1 30/IS-1 36 time slot structure (N = 260 symbols) is assumed and the trellis is terminated at the end of each time 

10 slot pair. The SNR ranges from 30 dB to 16 dB and is decremented in steps of 2 dB after every 600 time slot pairs. 
Each solid line curve represents a different combination of f & the doppler frequency, multiplied by T, the symbol du- 
ration. Therefore, the solid line curve parameters are as follows: (a) f d T- 0.0002 lor solid line curve 80; (a) f d T = 
0.0012 for solid line curve 82; (a) f d T = 0.0034 for solid line curve 84; and (a) f d T - 0.0069 for solid line curve 86. 
From FIG. 4, it is clear that there exists a straightforward one to one mapping between the average Euclidean distance 

is metric M,and the SNR. It maintains a steady level when the SNR is fixed and increases when the SNR decreases. 
[0020] FIG. 5 shows a graph having four curves, with the vertical scale representing the long term average Viterbi 
decoder metric u, (the expected value of M t ) and the horizontal scale representing the SNR. Again, as in FIG. 4, the 
four curves 88 - 94 represent different doppler frequencies. From FIG. 5, it is clear that the average metric u, does not 
depend on the mobile speed. As a result, the long term cumulative metric average, u., is the target metric for the present 

20 invention. Thus, once Ihe Euclidean metric has been obtained it can be either mapped to the corresponding SNR in a 
lookup table or through a linear prediction approach. 

[0021] The long term cumulative metric average ja and the SNR satisfy the empirical relationship 

NE - 

25 SNR- 10log 1Q -jj- in dB, 

where E s is the average energy per transmitted symbol and N is the number of symbols per block. This behavior 
remains identical across the different coded modulation schemes. Therefore, the average Viterbi decoder metric pro- 
30 vides a very good indication of the SNR. Furthermore, the short term average of the metric may be determined using 
the above mentioned relationship M, = aM h1 + (1 - a)m^ FIG. 4 shows that the short term average satisfies 
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where the target metric, \i, is obtained from 

NE s 

40 SNR = 10log 10 



The thresholds, e /oiV and e h/5h depend on the standard deviation of M } which, in turn, is a function of the filter parameter, 
a. Thus, the present invention incorporates two possible ways to determine the SNR from the average metric Mj. 
45 [0022] FIG. 6 is a flow diagram describing the steps performed by either the base station or the mobile station in 
determining the SNR from the average metric M t using a lookup table. The process begins in step 88 in which the 
cellular network determines the SNR range of interest. This SNR range is determined by the needs of the network at 
any given time. 

[0023] The next step 98 is to generate a table of target values u. n in descending order of SNR for the determined 
so range of interest. Arrangement in descending order is purely for example and not a necessary or limiting aspect of the 
process. The target values are determined by the following relationship 

0A(SNR n ) 

10 



for n= 1, 2. ... K, where K determines the desired granularity. In step 100, these values of u^ versus the corresponding 
value of SNR are then stored into a memory unit for later use in mapping the measured values of^to the corresponding 
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SNR values in the lookup table. Once the process of creating and storing the lookup table of n n versus SNR n is complete, 
the system is then ready to receive and transmit data information. 

[0024] In step 102, the receiver receives, for this example, a trellis coded signal and then decodes the received 
coded signal and outputs the trellis path metric m } in step 104. For this example, the system uses a Vlterbi Minimum 

5 Likelihood decoder to determine the trellis path metric m t Once the trellis path metric m, is determined the system then 
determines M p the average metric for the I th block, in step 106 using the relationship M t -= aM hl + (1 - ct)m,, 
|jP925] The process continues to decision step 108 in which a threshold detector circuit determines whether the value 
— is less than the predetermined threshold e /ow . If the outcome of the decision step 108 is a "YES" determination, the 
process continues to step 110. In . step 110, the system recognizes that the measured SNR is greater than the SNR 1 

70 (the maximum SNR for the range ol the lookup table). As a result, the system in step 110 clips the measured SNR to 
be equal to SNR V Next, the system in step 112 provides the SNR value SNR., to the transmitter. 
[0026] If the outcome of the determination step 1 03 is a -NO" determination, the process continues instead to decision 
step 1 1 4 in which a second threshold detector circuit determines whether the value-^ is greater than the predetermined 
threshold Q high .M the outcome of the decision step 114 is a "YES" determination/The process continues to step 115. 

15 in step 116, the system recognizes that the measured SNR is less than the SNR k (the minimum SNR for the range of 
the lookup table). As a result, the system in step 116 clips the measured SNR to be equal to the SNR k . Next, the system 
in step 112 provides the SNR value SNRk to the transmitter 

[0027] If, on the other hand, the outcome of the determination step 114 is a "NO" determination, the process continues 
instead to decision step 118 in which a threshold detector circuit determines the threshold \x n for which the value— is 

20 both less than the predetermined threshold 9^ and greater than the predetermined Ihreshq^ e fovt The system in 
step 120 sets the measured SNR equal to the corresponding SNR n tor the mapped value of -jp- in the lookup table. 
As a result, the system in step 112 provides the SNR value SNR n to the transmitter. — 
[0028] FIG. 7 is a flow diagram describing the steps performed by either the base station or the mobile station in 
determining the SNR from the average metric M, using a linear prediction process. The process begins in step 126 in 

25 which the cellular network determines the SNR range of interest. Similar to the lookup table approach describe earlier, 
this SNR range is first determined by the needs of the network at any given time. However, the use of a linear prediction, 
instead of the direct mapping of a lookup table, approach allows the receiver to react faster to the changes of SNR 
within the cell. 

[0029] In step 126, a table of target values p n , in descending order of SNR, is generated for the determined range 
30 of interest. Again, arrangement in descending order is purely for example and not a necessary or limiting aspect of the 
process. The target values are determined by the following relationship 



H n~ 0.1 (SNRJ 
35 . 10 

for n = 1, 2, ... K, where K determines the desired granularity In step 128, these values of u. n versus the corra^ 
sponding value of the SNR are then stored into a first memory unit for later use in mapping the measured values of 
to the corresponding SNR values in the lookup table. Once the process of creating and storing the lookup table of p£ 

-to versus SNR n is complete, the system is then ready to receive and transmit data information. 

[0030] In step 130, the receiver receives a coded signal, a trellis code for the example, and then decodes the received 
coded signal and outputs the trellis path metric m,- in step 132. Again, for this example, the system uses a vlterbi 
Minimum Likelihood decoder to determine the trellis path metric m h Once the trellis path metric m, is determined, the 
system then determines M, the average metric lor the i th block in step 134 using the relationship M t - a/W M + ( 7 - a) 

-»5 m - Then in step 136, the values of an optimal p th order linear predictor /?,(for /= 0, 7, p-7) are generate and stored 
in to a second memory unit for later use. Next, in step 138, the process proceeds and determines the future value 
of- 0 -" from the previous values of £^ using the relation 

so ' p-i 

1*0 



ss [0031] The process continues to decision step 140 in which a threshold detector circuit determines whether the value 
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5 

is less than the predetermined threshold 9 telvr II the outcome of the decision step 140 is a "YES" determination, the 
process continues to step 1 42. The system in step 1 42 clips the measured SNR to be equal to SNR n . Next, the system 
in step 144 provides the SNR value SNR-, to the transmitter. 

[0032] If the outcome of the determination step 1 40 is a "NO" determination, the process continues instead to decision 
to step 146 in which a second threshold detector circuit determines whether the value 

15 . i 

is greater than the predetermined threshold ti hjgh . If the outcome of the decision step 146 is a "YES" determination, 
the process continues to step 148. The system in step 148 clips the measured SNR to be equal to SNRk. Next, the 
system in step 144 provides the SNR value SNR k to the transmitter 
20 [0033] If, on the other hand, the outcome of the determination step 1 46 is a "NO" determination, the process continues 
instead to decision step 150 in which a threshold detector circuit determines whether the value 



is both less than the predetermined threshold Q high and greater than the predetermined threshold Q iow . The system in 
step 152 sets the measured SNR equal to the corresponding SNR n for the mapped value of 

30 

35 ' 

in the lookup table. As a result, the system in step 144 provides the SNR value SNR n to the transmitter. 
[0034] This linear prediction approach helps the receiver use the current value and p-1 past values of the. average- 
metric to predict the channel quality metric D blocks in the future. Thus, this allows the receiver to react quickly to 
changes in the SNR. 

40 [0035] While SNR is the preferred performance measure in the present invention, it is well known that performance 
is often measured in terms of FER for the forward and reverse links. At a fixed SNR, the FER may often be different 
at different mobile speeds. In order to obtain a FER indication the SNR should be mapped to the average FER under 
some wide range of mobility. At each value of SNR, define the weighted sum 

45 



so where Iw, = 1, /; is the FER at speed, v b the coefficient, w,-, represents the weight assigned to the speed and FER 
denotes the weighted average FER. By this technique it is possible to use the average metric to determine the SNR 
which in turn may be mapped to FER . 

[0036] As an example of an implemented rate adaptation system using the SNR measurements as a channel quality 

indicator. Let C v C 2 , , C Q represent, in ascending order of bandwidth efficiency, the O different modes of operation 

55 schemes for the transmitter. These different schemes may be implemented by using a fixed symbol rate and changing 
the trellis encoder and symbol mapper to pack a variable number of information bits per symbol. The upper bound on 
achievable throughput for each Cj at some SNR is given by RfC ^fUFERfCj.SNR)) where f?(C y ) is the data rate corre- 
sponding to Cj in bits/second. The actual throughput can be lower as it also depends on higher recovery layers which 
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may time-out during retransmission. 

[0037] FIG. 8, illustrates a graph having a three curves, with the vertical scale representing the FER andthe horizontal 
scale representing the SNR. The curves 154, 156, and 158 represent three hypothetical coded modulation schemes. 
For each coded modulation scheme, Cy, FER- is the average FER averaged over mobile speeds. As an example, 

s associated with curve 156 is adaptation p67nT7* y 160. If the SNR falls below this point the transmitter must change its 
mode from scheme Cy to scheme C yW and begin operation on curve 154, at Sy_ 7 155, corresponding to scheme Cy_ r 
above which Cy has lower throughput than Cy_ T . The filtered Viterbi decoder metric may be used as an indicator of SNR 
at the mode adaptation point. For the P h decoded block, set Mj=?L or M,-,^. depending on the choice of filter parameter. 
[0038] G h/p/7 and 0 /ovv are the thresholds which depend on the filter parameter, a. Then, the adaptation rule for the 

to data transmission is as follows:. After the ? h block, if the transmitter is currently operating with Cy change the mode of 
operation to 

C./. if M > I Uj > for / = 2, 3. ■ 0 

is 

and 



C,w, if M tlft. r < Oto^ fory= 1, 2, ..... O- 1 

where r = 1 , 2, ..... Q~j. For each /, the highest allowable value of r maximizes the throughput by permitting a operation 
at a higher rate in bits per symbol. Finally, filtering of the metric can be applied across the coded modulation schemes 
since the metric average, u, is independent of the mobile speed or the coded modulation scheme. Thus, there is no 

25 need to reset the channel quality measure after the adaptation. 

[0039] Applying actual data to this example, FIG. 9 shows a table of values for a conservative mode adaptation 
strategy based on a Viterbi algorithm metric average. In, FIG. 9, C 1: C?. and C 3 represent three coded modulation 
schemes where the choice of C 1 results in the lowest data rate and C 3 results in the highest data rate. Here, \i p \x 2 
and u. 5 are the target metrics corresponding to the FER adaptation points for the three respective coded modulations. 

30 The thresholds & high and fi /ow are defined such that Q high is greater than 1 .0 and 0 /ovv less than 1 .0. Additionally, FIG. 
10 show a table of values for a aggressive mode adaptation strategy based on a Viterbi algorithm metric average. 
[0040] A block diagram of an adaptive rate system for the invention is shown in FIG. 11. The diagram shows the 
possible implementation of the system at either the base station or the mobile station The system operates in the 
following way. Initially, the system organizes the information to be transmitted into a transmit data stream 162. The 

35 transmit data stream 162 is then input into the transmitter 164 of the system. Within the transmitter 164, the transmit 
data stream 162 is encoded and modulated by the adaptive channel encoder and modulator 166. The encoding and 
modulation employed by the adaptive channel encoder and modulator 166 is controlled by the encoder and modulation 
decision unit 168. The encoder and modulation decision unit 168 determines the correct encoding and modulation 
scheme in response to the received SNR estimate 184 from the receiver 172. Initially, the encoder and modulation 

-to decision unit 168 chooses a predetermined scheme which is input to the adaptive channel encoder and modulator 
166. The adaptive channel encoder and modulator 166 then encodes and modulates the transmit data stream 162 to 
a predetermined scheme and transmits the information through a channel 1 70 (possibly noisy and fading) to the receiver 
1 72. After the information is received at the receiver 1 72 it is input into a channel decoder and demodulator 1 74 which 
produces two outputs. The first output of the channel decoder and demodulator 174 is a value of the Viterbi decoder 

is metric 176 for the received information signal. The second output of the channel decoder and demodulator 174 is the 
received data stream 186 which will be the same as the information sent by the transmit data stream 162 a large 
fraction of the time. Next, the value of the Viterbi decoder metric 176 is averaged by an aggregate/averaging circuit 
178 producing a moving average value for the Viterbi decoder metric 180. The moving average value for the Viterbi 
decoder metric 180 is then mapped to SNR estimate 184 by a mapping circuit 182. The resulting SNR estimate 184 

50 is fed back into the encoder and modulation decision unit 168 to determine the encoder and modulation scheme to be 
used corresponding to the SNR estimate 184. The new scheme value of the encoder and modulation decision unit 168 
is input into the adaptive channel encoder and modulator 166 which switches to the new encoding and modulation 
scheme for the transmit data stream 1 62 and transmits the information over the channel 170. 

[0041] A block diagram of a system using the SNR to do power control is shown in FIG. 1 2. The diagram shows the 
55 possible implementation of the system at either the base station or the mobile station. The system operates in the 
following way. Initially, the system organizes the information to be transmitted into a transmit data stream 188. The 
transmit data stream 188 is then input into the transmitter 190 of the system. Within the transmitter 190, the transmit 
data stream 188 is encoded and modulated by the channel encoder and modulator 192. The transmit power level at 
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the channel encoder and modulator 192 is controlled by the power control algorithm circuit 212. The power control 
algorithm circuit 212 may determine the power control level in response to the received SNR estimate 210 from the 
receiver 196. Additionally, the power control algorithm circuit 212 may also determines the power control level in re- 
sponse to the signal strength and bit error rate estimate 200 from the receiver 196. Initially, the power control algorithm 

s circuit 212 is set to a predetermined value which is input to the channel encoder and modulator 192. The channel 
encoder and modulator 1 92 then encodes and modulates the transmit data stream 1 88 using a predetermined encodes 
and modulation scheme and transmits the information at a predetermined power level through a channel 1 94 (possibly 
noisy and fading) to the receiver 196. After the information is received at the receiver 196 it is input into a channel 
decoder and demodulator 1 98 which, produces three outputs. The first output of the channel decoder and demodulator 

10 1 98 is a value of the Viterbi decoder metric 202 for the received information signal. The second output is estimates of 
the signal strength and bit error rate 200. The third output of the channel decoder and demodulator 1 98 is the received 
data stream 21 8 which should be the same as information sent by the transmit data stream 1 88. Next, the value of the 
Viterbi decoder metric 202 is averaged by an aggregate/averaging circuit 204 producing an average value for the Viterbi 
decoder metric 206. The average value for the Viterbi decoder metric 206 is then mapped to SNR estimate 210 by a 

75 mapping circuit 208. The resulting SNR estimate 210 is fed back into the power control algorithm circuit 21 2 to determine 
a power control value corresponding to the SNR estimate 210. The new power control value of the power control 
algorithm circuit 212 is input into the channel encoder and modulator 192 for use in subsequent transmissions of the 
data stream 188 over the channel 194 to the receiver. 

[0042] Additionally, the mobile assisted handoff decision circuit 214 also processes the SNR estimate 210 and the 
20 signal strength and bit error rale estimates 200. If the SNR value is below a predetermined threshold the mobile assisted 
handoff decision circuit 214 sends a message to the handoff processor 21 6 to handoff the mobile station to a new base 
station. 

[0043] In conclusion, the following summary should easily enable one skilled in the art to practice the invention. The 
first part of the invention is an apparatus for adaptively changing the modulation schemes of a transmit data stream 

25 based on the measured SNR of a channel. The adaptive modulation schemes are implemented in a transmitter by an 
adaptive channel encoder and modulator An encoder and modulation decision unit is connected to the transmitter 
adaptive channel encoder and modulator to determine the correct encoding and modulation scheme based on the 
information received at the receiver Then a receiver channel decoder and demodulator is placed in radio connection 
with the transmitter adaptive channel decoder and demodulator through the channel. This transmitter adaptive channel 

30 decoder and demodulator produces a path metric value which is averaged by an averaging circuit to produce an av- 
eraged path metric value. This averaged path metric value is then mapped through a mapping device to a SNR estimate 
value. The SNR estimate value is then input into the transmitter encoder and modulation decision unit to determine if 
the coding and modulation scheme should be changed in response to the SNR estimate value. It should be noted that 
the receiver channel decoder and modulator may be implemented in various way, however, in this example implemen- 
ts tation a Viterbi decoder was used. 

[0044] The second part of the invention is an apparatus for implementing mobile assisted handoff based on the 
measured SNR of a channel. The mobile assisted hand off is implemented in a transmitter by a channel encoder and 
modulator. A receiver channel decoder and demodulator is in radio connection with the transmitter channel decoder 
and demodulator through a channel. The receiver channel decoder and demodulator produces a path metric value in 

40 response to the information received by the receiver which is averaged by an averaging circuit to produce an averaged 
path metric value. This averaged path metric value is then mapped through a mapping device to a SNR estimate value. 
A power control algorithm circuit is connected to the transmitter channel encoder and modulator which varies the power 
level of the transmitter in response to the SNR estimate value. Finally, the SNR estimate value is input into a mobile 
assisted handoff decision unit which determines it the mobile station should perform a handoff operation based on the 

■45 SNR estimate value. As in the first part of the invention, it should again be noted that the receiver channel decoder 
and modulator may be implemented in various way, however, in this example implementation a Viterbi decoder was 
used. Additionally, this second part of the invention can be either implement at the mobile station or the base station. 
[0045] Please note that while the specificalion in this invention is described in relation to certain implementations or 
embodiments, many details are set forth for the purpose of illustration. Thus, the foregoing merely illustrates the prin- 

50 ciples of the invention. For example, this invention may have other specific forms without departing from its spirit or 
essential characteristics. The described arrangements are illustrative and not restrictive. To those skilled in the art, the 
invention is susceptible to additional implementations or embodiments and certain of the details described in this ap- 
plication can be varied considerably without departing from the basic principles of the invention. It will thus be appre- 
ciated that those skilled in the art will be able to devise various arrangements which, although not explicitly described 

55 or shown herein, embody the principles of the invention and are thus within its spirit and scope. The scope of the 
invention is indicated by the attached claims. 
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Claims 

1. A method for determining the signal to noise ratio, comprising the steps of: 
establishing a set of path metrics corresponding to a set of predetermined signal to noise ratios; 
receiving a digital signal; 

determining a path metric for said digital signal; and 

mapping said path metric to said corresponding signal to noise ratio in said set of predetermined signal noise 
to ratios. 

2. The method of claim 1 , wherein said digital signal is a coded signal. 

3. The method of claim 1 wherein said digital signal is a trellis coded signal. 

4. The method of claim 1 wherein the step of determining a path metric for said digital signal, further comprises the 
steps of: 

20 . ' • 

establishing a set of signal to noise ratio values corresponding to a set of predetermined short term average 
of metric values, said short term average of metric values defined as M/u.; 

determining a decoded path metric from said received digital signal using a decoder, said decoded path metric 
25 defined as m-, 

averaging m t ; and 

storing in a second memory unit said average decoded path metric, said average decoded path metric defined 
30 as p.; and 

determining an estimated Euclidean distance metric; 

5. The method of claim 5 wherein the step of determining the estimated Euclidean distance metric is performed using 
35 the following equation: 

40 where said estimated Euclidean distance metric is defined as M,and a is a predetermined filter coefficient 

which is greater than zero and less than 1.0. 

6. The method of claim 5 including the steps of: 
45 determining a standard deviation of Mf f 

determining average metric thresholds defined as e /oiv and e high based on said standard deviation of Mf, 
determining a value for Mfii by dividing said value of M } by said value of u>; 

so 

mapping said value of M/\i to a minimum value of said corresponding signal to noise ratio if Mfo is less than 
®iow> 

mapping said value of M^x to a maximum value of said corresponding signal to noise ratio if Mfli is greater 
55 than and 

mapping said value of Mfyx to said corresponding signal to noise ratio. 
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7. The method of claim 4 wherein said decoder is a Viterbi decoder for the maximum likelihood path. 

8. A system for determining the signal to noise ratio, comprising: 
means for establishing a set of path metrics corresponding to a set of predetermined signal to noise ratios; 
means for receiving a digital signal; 

means for determining a path metric for said digital signal; and 

means for mapping said path metric to said corresponding signal to noise ratio in said set of predetermined 
^ signal noise to ratios. 

9. The system of claim 1, wherein said digital signal is a coded signal. 

10. The system of claim 1 wherein said digital signal is a trellis coded signal. 

11. The system of claim 8 wherein the step of determining a path metric for said digital signal, further comprises: 

20 means for establishing a sel of signal to noise ratio values corresponding to a set of predetermined short term 

average of metric values, said short term average of metric values defined as M/u; 

means for determining a decoded path metric from said received digital signal using a decoder, said decoded 
path metric defined as m t ; 

25 

* means for averaging m,; and 

means for storing in a second memory unit said average decoded path metric, said average decoded path 
metric defined as y\\ and 

means for determining an estimated Euclidean distance metric. 

12. The system of claim 5 wherein the means for determining the estimated Euclidean distance metric is performed 
using the following equation: 

M f = a/W / _ 7 + ( 7 -a) m } 

where said estimated Euclidean distance metric is defined as /W,and a is a predetermined filter coefficient 
40 which is greater than zero and less than 1 .0. 

13. The system of claim 12 including the steps of: 

means for determining a standard deviation of Mf, 

45 ' - 1 . 

means for determining average metric thresholds defined as 6 tew and 6^ based on said standard deviation 
of 

means for determining a value for M/\i by dividing said value of M x by said value of u.; 

50 

means for mapping said value of Mfo to a minimum value of said corresponding signal to noise ratio in said 
lookup table if Mfo is less than G /ovv ; 

means for mapping said value of Mfyi to a maximum value of said corresponding signal to noise ratio in said 
55 lookup table if M/\x is greater than Q high , and 

means for mapping said value of M/\i to said corresponding signal to noise ratio. 
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14. The system of claim 4 wherein said decoder is a Viterbi decoder for the maximum likelihood path. 
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FIG. 8 
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Description 

Field Of The Invention 

5 [0001] This invention relates to a cellular communication system and more specifically to a receiver system that is 
employed to receive digitally modulated signals in the presence of another modulated co-channel interfering (CCI) 
signal. 

Background Of The Invention 

io , 

[0002] In mobile radio communications, the radio spectrum is a scarce resource. As a result most mobile radio com- 
munications system are based on the cellular principle. Basically, a geographical area, within which wireless service 
is available, is divided into several cells. Schematically, each cell is represented as a hexagon; in practice, however, 
each cell has a shape that is dependent on, among other things, the topography of the terrain serviced by the system. 
is Each cell includes a base station, which may be located approximately at its center. Each base station is configured 
v to transmit and receive signals within approximately the area defined by each cell. However, the actual radio range of 
each base station may extend beyond each cell area. Therefore, it is desired that a different set of frequencies be 
allocated to the adjacent cells to avoid interference. Subscribers located within each cell area communicate with other 
subscribers by using a wireless terminal (e.g., a cellularielephone, a wireless local loop terminal, some cordless tel- 

6 ephones, one-way and two-way pagers, PCS terminals and personal digital assistants).. Each wireless terminal located 
within a cell sends to and receives signals from the corresponding base station located in that cell, over a communi- 
cations channel within a predetermined frequency range. 

[0003] Since adjacent cells employ different sets of frequencies, the distance between two cells that use the same 
frequency set may be an important design consideration. This distance is called the mean reuse distance D. In order 
? 5 to increase the total number of channels available per unit area, it is desired to decrease the size of the cells. By 
reducing the size of the cells, it is possible to reuse the same frequency sets more often. Thus, more subscribers may 
be able to use the system, because of the increase of available frequency sets within a predetermined area. However, 
depending upon the size of each cell, the transmission power of the base stations and the mobile units, severe co- 
channel interference between the cells that use the same frequency range may occur 
30 [0004] The maximum likelihood sequential estimation (MLSE) equalizer can equalize the channel at the receiver to 
achieve optimal performance. The MLSE equalizer is particularly useful in a radio channel with a long spread such as 
the one that employs a standard specification known as Global System for Mobile Communications (GSM). Another 
approach to reduce co-channel interference is to employ antenna arrays. Because of the frequent spatial separation 
between the desired signal and the co-channel interference signals, antenna arrays can suppress co-channel interfer- 
es ence signals through beam forming. However, these approaches require very complicated signal processing in order 
to produce optimal results. 

[0005] Thus, there is a need to reduce the complexity of such systems, to make them commercially feasible/and to 
reduce the effects of co-channel interference signals considerably. 

w Summary Of The Invention 



[0006] in accordance with one embodiment of the invention, a communication signal receiver includes a channel 
estimator that is configured to receive a plurality of training signal samples to estimate the finite impulse responses to 
both desired signals and co-channel interference signals. These finite impulse response estimates have a predeter- 
mined number of channel taps defining desired channel length and the co-channel interference channel length respec- 
tively. The channel tap estimates are then provided to a Viterbi decoder. The channel tap estimates are also provided 
to a power calculator that estimates the power of each of the estimated channel taps. The individual tap power estimates 
are then provided to a joint channel trimmer. The joint channel trimmer maintains a joint channel length, such that the 
desired signal channel length plus the co-channel interference channel length have a fixed size, by truncating the 
weakest taps from both edges of the channel taps. The joint channel length is dynamically allocated between the 
desired channel taps and co-channel interference channel taps. The trimmed channel sizes are then provided to the 
Viterbi decoder, which decodes the received signals in accordance with the channel estimates and the calculated 
channel sizes. 

Brief Description Of The Drawings 

[0007] The subject matter regarded as the invention is particularly pointed out and distinctly claimed in the concluding 
portion of the specification. The invention, however, both as to organization and method of operation, together with 
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features, objects, and advantages thereof may best be understood by reference to the following detailed description 
when read with the accompanying drawings in which: , 

[0008] Fig. 1 illustrates a block diagram of a receiver in accordance with one embodiment of the present invention. 
[0009] Fig. 2 illustrates a burst signal received by the receiver in accordance with one embodiment of the present 
5 invention. 

[001 0] Fig. 3 is a flow chart illustrating the operation process of a system in accordance with one embodiment of the 
present invention. 

[0011] Fig. 4. illustrates a trellis diagram employed by a Viterbi decoder in accordance with one embodiment of the 
invention. 

10 ' 

Detailed Description of The Drawings 

[0012] Fig. 1 is a block diagram of a communications receiver in accordance with one embodiment of the invention, 
although the invention is not limited in scope in that respect. Receiver 10 includes a joint channel estimator 12 which 
* 5 is configured to receive signal samples X\ rom an analog to digital A/D converter 26. These signal samples are digitized 
version of signals that have been received by an antenna array 22 and down converted to baseband by a down converter 

24. 

[001 3] Antenna array 22 receives both desired signals within a cell and co-channel interference signals from locations 
outside a cell. Joint channel estimator 12 is configured to jointly estimate the finite impulse responses of the channels 

20 for both the desired signal and the co-channel interference signal. 

[0014] Several approaches are being employed with respect to signaling standards for digital cellular telephone 
worldwide. One such standard is Europe's global system for mobile communications (GSM), described in ETSI/GSM 
Series 03 Air Interference Specification, GSM PN Paris, herein incorporated by reference. One aspect of the standard 
involves the transmission of signals in the form of signal bursts. 

25 [001 5] Fig. 2 illustrates a signal burst also known as a transmission burst or a signal frame, such as may be employed 
in a time division multiple access (TDMA) wireless communication system, although the invention is not limited in scope 
to a signal burst having this particular form or format. In the present context, the terms signal burst, transmission burst 
or signal frame may be used interchangeably. The signal or transmission burst illustrated in Fig. 2 has a predetermined 
number of digital symbols or bits. In this particular embodiment, each burst includes, in succession, a series of suc- 

30 cessive predetermined starting bits 27, a predetermined number of information bits 29, a series of predetermined 
training bits 31, a second predetermined number of information bits 33, and a series of successive predetermined 
ending bits 35. In GSM systems, for example, there are three starting and three ending bits, 57 bits in both portions of 
the signal burst comprising binary digital signals to be transmitted, and 26 training bits, referred to as the "midamble, 
w for a total of 148 bits per signal burst. The training bits are known at both the receiving and the transmitting end of 

35 the communications system. The starting and ending bits are likewise known and are typically "zeros." It will be ap- 
preciated that other numbers and distribution of bits are possible depending on the specification. 
[001 6] The GSM telecommunication standard requires a form of signal modulation in the baseband known as Gaus- 
sian Minimum Phase Shift Keying (GMSK). It is noted that although GMSK is not a linear modulation scheme it may 
be approximated as such. GMSK is described in more detail in Digital Phase Modulation, by J.B. Anderson, T Aulin 

40 and C.E. Sundburg, 1936, available from Plenum, although, of course the invention is not limited in scope to GMSK 
modulation schemes. 

[0017] Channel estimator 1 2 uses the training bits of an incoming burst as illustrated in Fig. 2, to calculate an estimate 
of the channels over which the transmission occurred. This channel estimate is the finite impulse response of the 
wireless channel through which the bursts are being transmitted from transmitter stations within a cell and outside a 

45 cell to a receiver station, such as receiver 1 0. The received signal is distorted due to noise and inter symbol interference 
(I SI) associated with transmission via the wireless channel. By minimizing the norm of the error signal, an estimate of 
the desired channel and co-channel interference channels is obtained. Each term in the impulse function is a complex 
quantity and is referred to in this context as a lap weight or channel tap. Each tap weight represents the effects of 
channel distortion on the transmitted signal, as will be explained in more detail below. 

so [0O1 8] I n order to obtain a channel estimate corresponding to both desired signals and co-channel interference signal, 
a channel model is employed as will be explained in more detail hereinafter. 

[0019] Assuming a linear modulation scheme, the desired signal and the co-channel interference signal can be ex- 
pressed respectively, as 

55 

s(0 gJL*-kT)s k (D 
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and 



*,(0=E S^T)^ (2) 

where p,-are respectively, the pulse-shaping functions of the desired signal and co-channel interference signal, {sj, 
{s jk } are, respectively, the data sequences of the desired signal and co-channel interference signal, and 7"is the period 
10 of each symbol or signal sample. Therefore, the signal received at the f h antenna of antenna array 22 can be written as 

> *j (0=JC 5/ (NT) S(T)dT + Jc-.(r-T) ' Si {T)dT + fl( t) (3) 

is where c s j (t) and Cjj(t) are respectively the physical channel impulse response of the f h antenna of the desired signal 
and co-channel interference signal; and n(t) is the additive noise. Substituting s(t) and iyf^lrom equations (1 ) and (2), 
equation (3) can be written as 
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*/')■£ s k A,/rwT) .£ s ik A/r./T) .»(/) (4) 

k k 

After sampling Xj (t), equation (4) can be written in a matrix form as 

^n=(H sK S lxn+{ H i)mi{ S l)ixn+ N mxn (5) 

where the subscripts denote the size of the matrices; m is the number of antennas in antenna array 22; / is made long 
enough to cover all the non-zero terms of h s j and h s d ; ntime samples are under consideration in equation (5); the ? h 
row of Hs is [h sj (to), h S} {to-T),... f h sJ (to - (t-1)T)]\he ? h row of Hi is [ty/to), hjJto-T),..., h,j (to - (f-1)T)l S is a Toeplitz 
matrix with [s^ s k . f s k . l+1 ] 7 as its first column and [s k <, s k+1 ...s k+n . 1 ] as its first row; S,-is also a Toeplitz matrix with [s ik , 
Sj, m ...Sj ,k-i+iV as ' ts ^ irst column and [s itc t s L k + h ...s f - ^ + . n . 7 ] as its first row. 
[0020] Equation (5) can be written as 

X=lHsHi][%}+ N (6) 

wherein X refers to signal samples received by the receiver, and N is the additive noise received by the receiver. 
Assuming that noise N is a Gaussian white noise the least square solution can be written as 

[HsHi]=llf (7) 

where ( ) + denotes pseudo-inverse, which is defined as A + = (A*A)* 1 A* 

[0021] It is noted that equation (7) provides the finite impulse response of the desired signal channel, H s , and one 
co-channel interference channel H h However, there may be instances that more than one neighboring cell provides a 
co-channel interference, signal. It is appreciated that equations (1 ) through (7) above may be expanded to incorporate 
additional co-channel interference signals. In that event, equation (7) may be expanded as 



[Hs H. y ...HJ. *[ Si Y (7a) 

Sn 

wherein H jn corresponds to finite impulse response of the co-channel interference signal provided via the n th channel . 
from cell n proximate to the cell wherein the desired signal is transmitted and Sn is the training sequence provided by 
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the base station at cell n. 

[0022] Thus, joint channel estimator 12 is configured to derive channel estimates based on training bits and actual 
received signal as shown in equations (7) or (7a). 

[0023] The channel tap estimates are then provided to a Viterbi decoder 20 to demodulate both the desired signal 
and the co-channel interference signal. The channel tap estimates are also provided to an input port of a tap power 
calculator 14. The output port of tap power calculator 14 is coupled to an input port of a tap power weighing unit 16, 
which is configured to multiply the channel taps corresponding to the co-channel interference taps by a weighing factor. 
Thereafter the output port of tap power weighting unit 1 6 is coupled to a joint channel trimmer 18, which is configured 
to truncate a plurality of channel taps corresponding to the desired signal and the co-channel interference signal such 
that the total number of taps representing the channel estimates for both signals remain a constant, as will be explained 
in more detail hereinafter.. 

[0024] The output port of joint channel trimmer 18 is coupled to an input port of joint Viterbi decoder 20, which is 
configured to have a fixed number of states as set forth by the number of taps specified by channel trimmer 18. 
[0025] Tap power calculator 14 is configured to calculate the strength of each finite impulse response tap for both 
the desired signal and the co-channel interference signal. The strengths of the finite impulse response taps for the 
desired signal channel is referred to as Ps and the finite impulse response taps for the co-channel interference signal 
channel is referred to as Pi Thus power signal Ps and power signal Pi can be written as 

*V= ^ixrrS HJSconj ( H s )), P~ 1 ^JHpconj (H,.)) (8) 

wherein 1| Xm is a column vector with each element being one, conj(.) denotes the complex conjugate operation andO 
denoles the Hadamard product. 

[0026] Fig. 3 is a flow chart illustrating the operation of receiver 10 in accordance with one embodiment of the in- 
vention, although the invention is not limited in scope in that respect. During operation, at step 110, joint channel 
estimator 12 for each received burst obtains a joint channel estimation for both desired signals and co-channel inter- 
ference signals received by receiver 10. Joint channel estimator 12 employs the training bits in each burst to obtain 
the joint channel estimation for the desired signals and co-channel estimation signals as described above. To this end 
joint channel estimator 1 2 provides a plurality of channel taps corresponding to the desired and co-channel interference 
signals. 

[0027] At step 11 2 tap power calculator 14 calculates the power Ps and Pi of the channel taps obtained at step 110, 
in accordance with equation (8) as described above. Thereafter, at step 114 tap power weighing unit 16 multiplies a 
weighing factor w with chann el tap power values corresponding to co-channel interference signal so as to de-emphasize 
the effect of co-channel interference signals. This follows, because the data bits embedded in the co-channel interfer- 
ence signal are of no interest to receiver 10. Preferably, the weighing factor w is chosen to be close but less than one. 
[0028] At step 116, joint channel trimmer 16 truncates the combined, number of channel taps corresponding, to the 
desired and co-channel interference signal to a fixed specifiable number, i c . It is noted.that a large value for l c means 
relatively lower channel estimation error in the Viterbi decoder and relatively higher complexity. For example every unit 
increase to l c leads to doubling the complexity of the Viterbi decoder employed in receiver 10. . 
[0029] Thus, joint channel trimmer 18 truncates the end portions of channel taps corresponding to both desired and 
co-channel interference channels by finding the weakest tap power based on 

™"{ P s Ps. first* > P s last )' ™ P i <h> first >™ P ,( l i Jest)) ( 9 > 

where / s , first , l s tast , /, fjrst , /, lasP are respectively the first and the last taps of the finite impulse response channel taps 
of the desired and co-channel interference signals with / s first > i s iast and f j first > /,- last Thus, channel trimmer 18 
compares the power corresponding to the first and last channel taps and eliminates the tap with the weakest power. 
For example, if the power of the first channel tap P s (l Sifirst ) is the weakest, it gets truncated by the channel trimmer. 
Similarly if the power of the last channel tap /; (/; lsat ) is the weakest tap, it gets truncated by the channel trimmer. Step 
116 is repeated until channel trimmer 18 at step 118 determines that combined number of the remaining channel taps, 
Le - ( Ufirsr Ujast) + ( kfirsf kiast) = 'c- wherein l c is a fixed number. It is noted that the term ( l s j irs rl s j ast ) corresponds to 
the remaining number of channel taps, I s , corresponding to the desired signal and ( l i fjrst - l Uast ) corresponds to the 
remaining number or channel taps, /,, corresponding to the co-channel interference channel. 

[0030] It is noted that for those bursts with a high carrier to interference ratio (CIR), the system employs all the taps 
to describe the desired signal channel to reach the lower bound of a bit error rate. Conversely, for those bursts with a 
lower carrier to interference ratio, the system employs more taps for the co-channel interference channel so as to 
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mitigate the impact of co-channel interference. 

[0031] Once the channel taps corresponding to desired signal and co-channel interference signal is selected, Viterbi 
decoder 20 employs the remaining channel taps, indicated by l s j irst ,l sJast l inrsl and l iMst l s and /,. to decode the signals 
X that are provided from antenna array 22. 

5 [0032] Thus, at step 120, Viterbi decoder 20 demodulates both the desired data sequences and co-channe! inter- 
ference data sequences. Viterbi decoder 20 is a maximum likelihood decoder that provides forward error correction. 
The Viterbi decoder works back through a sequence of possible bit sequences at each symbol instant to determine 
which bit sequences are more likely to have been transmitted. The possible transitions from a signal status at one 
symbol instant, or state, to a signal status at a subsequent, symbol instant or state is limited. Each possible transition 

10 from one state to a next state may be illustrated graphically and is referred as a branch in this context. A sequence of 
interconnected branches is referred to as a path in this context. Each state may transition only to a limited number of 
next states upon receipt of the next bit (or set of bits) in the bit stream. Potential paths remain while other potential 
paths are eliminated during the decoding process. Thus by eliminating those paths that are not permissible, compu- 
tational efficiency may be achieved in determining the most likely paths to have been transmitted. 

is [0033] In accordance with one embodiment of the invention, because channel taps corresponding to desired signal 
and co-channel interference signal are truncated on a burst -to- burst basis, the number of states in the Viterbi decoder 
that correspond to the desired signal and the co-channel interference signal may differ from one burst to the other. For 
example, in accordance with one embodiment of the invention, the total number of channel taps / c may be 5, as illus- 
trated in Fig. 4. 

20 [0034] Thus, for an exemplary data burst, after channel truncation, channel trimmer 18 allocates three channel taps 
to the desired channel and two channel taps to co-channel interference channel. As illustrated in Fig. 4, Viterbi decoder 
20 operates with an 8-state trellis 210 that correspond to the 3-tap channel memory corresponding to the desired 
channel, and with a 4-state trellis 212 that correspond to the 2-tap channel memory corresponding to the co-channel 
interference channel. Thus, as illustrated in Fig. 4, each branch in 8-state trellis 210 is expanded to 4-state trellis 212. 

25 The total number of states is the product of the numbers of the desired signal states and the co-channel interference 
states. Thus, for the example illustrated in Fig. 4, the total number of states is 32. Each state has four input branches 
and four output branches. 

[0035] At step 122_, the Viterbi decoder decodes the received signal. For each branch, Viterbi decoder 20 reconstructs 
the received signal x Viterbi decoder 20 then employs the Fobenius norm square of the difference between the re- 
30 constructed received signal and the actual received signal, H X - X ||2 p ,.as the incremental metrics for each branch, 
wherein the operator IMI F , denotes the Fobenius norm. By minimizing the node metric in the Viterbi algorithm, Viterbi 
decoder 20, searches for the most likely data sequence in the trellis. 

[0036] Once the data for one burst is estimated, step 110 is repeated again for following bursts. 
[0037] Thus, in accordance with the present invention, a wireless receiver is able to receive signals with substantially 
35 low bit error rates. Furthermore, features such as weighing the channel power taps corresponding to co-channel inter- 
ference signals, and truncating the total number of channel taps allow for a relatively simple and inexpensive arrange- 
ment. 

{0038] While only certain features of the invention have been illustrated and described herein, many modifications, 
substitutions, changes or equivalents will now occur to those skilled in the art. It is therefore, to be understood that the 
•*o appended claims are intended to cover all such modifications and changes that fall within the true spirit of the invention. 



Claims 

1. A cellular communication signal receiver for receiving a desired signal in the presence of at least one co-channel 
interference signal, said receiver comprises: 

a channel estimator configured to receive a plurality of training signal samples to estimate the finite impulse 
response to said desired signal and said co-channel interference signal, said finite impulse response estimates 
having a predetermined number of channel taps defining the length, of the desired channel and the length of 
co-channet interference channel; 

a Viterbi decoder coupled to said channel estimator and configured to receive said desired and co-channel 
interference signals, and said channel tap estimates generated by said channel estimator; 
a power calculator coupled to said channel estimator and configured to estimate the power of said estimated 
channel taps; 

a joint channel trimmer coupled to said power calculator and configured to maintains joint channel length, 
such that the desired signal channel length plus the co-channel interference channel length have a fixed size 
that defines the number of states said Viterbi decoder allocates to said desired signal and said co-channel 
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interference signal. 

2. The receiver in accordance with claim 1 , wherein signals received by said receiver are formatted as signal bursts, 
and said channel estimator estimates said channels on a burst-by-burst basis. 

5 

3. The receiver in accordance with claim 2, wherein said joint channel trimmer is coupled to said Viterbi decoder. 

4. The receiver in accordance with claim 3, further comprising a power weighing unit coupled to said tap power 
calculator configured to multiply said estimated channel taps corresponding to co-channel interference signal by 

to a weighing factor. „ 

5. The receiver in accordance with claim 4, wherein said weighing factor is less than one and said power weighing 
unit is coupled to said joint channel trimmer 

is s. The receiver in accordance with claim 5 : wherein said channel trimmer dynamically allocates said fixed channel 
length between the desired channel taps and co-channel interference channel taps 

7. A method for receiving a desired signal in the presence of at least one co-channel interference signal, said method 
comprising the steps of: 

20 

(a) receiving a plurality of training signal samples ; 

(b) in response to said signal samples estimating the finite impulse response of channels corresponding to 
said desired signal and said co-channel interference signal, by generating a predetermined number of channel 
taps defining the length of the desired channel and the length of co-channel interference channel; 

25 (c) calculating the power corresponding to each one of said estimated channel taps; 

(d) trimming said channel taps so as to maintain a joint channel length, such that the desired signal channel 
length plus the co-channel interference channel length have a fixed size; and 

(e) decoding signals received by said receiver by employing said trimmed channel taps. 

30 8. The method in accordance with claim 7, further comprising the step of repeating steps (a) through (e) on a burst 
by burst basis. . 

9. The method in accordance with claim receiver in accordance with claim 8, wherein said decoding step comprises 
the step of Viterbi decoding said received signals. 

35 

10. The method in accordance with claim 9, further comprising the step of multiplying said estimated channel taps 
corresponding to co-channel interference signal by a weighing factor. 

11. The method in accordance with claim 10 comprising the step of setting sad weighing factor to a number less than 
40 one. 

12. The method in accordance with claim 10, wherein said trimming step further comprises the step of dynamically 
allocating said fixed joint channel length between the desired channel taps and co-channel interference channel 
taps, on a burst-by-burst basis. 
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FIG. 1 
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FIG. 3 
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FIG. 4 
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